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Appendix .J

Audio Quality and Coding

Tht::re are several factors which affect the audio quality that can be achieved by a DAB

system. Taking just one factor into account when deciding on an audio compression scheme and

broadcast bit rate will not lead to an optimized IBOe DAB system.

First, an IBOC DAB system must allow a broadcaster to serve the same geographic area

as that served by the existing analog broadcast. Second, within the coverage area, the digital

signal must have high immunity to multipath, noise and interference. This "robustness" requires

significant error concealment and protection against drop outs. Third, the digital signal must not

noticeably increase noise in the analog host or in adjacent channels Fourth, the codec should be

based on commonly used coding schemes to promote standardization. Balancing all of these

factors, USADR has selected MPEG Advanced Audio Coding ("MPEG AAC") as the audio

compression scheme which optimizes its system performance with a 96 kbps rate for the FM

system and 48, 32 or 16 kbps rates for the AM system

MPEG AAC is the latest MPEG1 standard on perceptual audio coding and is part of the

world-wide MPEG family of audio and video standards 2 Much of the work on AAC was done

by Fraunhofer, AT&T, Dolby Labs, and Sony. These companies are leading experts in audio

compression technology. £t builds upon the existing MPEG Layer-3 standard by further

optimizing coding efficiency

"MPEG" is the Moving Pictures Expert Group, working under the joint direction of the International
Standards Organization ("ISO") and the International Electro-Technical Commission ("IEC"). Its main
goal is the standardization of audio and video coding schemes.

MPEG AAC was standardized as ISO 138]8-7 in April 1997. It is an outgrowth of the efforts of world
leaders in audio technology. In addition to Fraunhofer, the patent pool for AAC includes technology
developed at AT&T. Dolby Labs, Sony. and others
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"CD-quality" is defined as a 16 bits/sample Pulse Code Modulation ("PCM") linear

system with a sampling rate of 44.1 kHz.3 The sampling rate and number of bits supports an

audio response of 20-22 kHz and a dynamic range of 96 dB. For a two channel stereo system

this represents a data rate of 1,411,200 bits per second (2 channels * 16 bits * 44,100 =

1,411,200). AM and FM broadcasting channel bandwidths lack the capacity to support these

data rates, thus audio compression technology is used to transmit the best sound possible in the

available bandwidth.

Algorithms supporting audio compression are defined as perceptual audio coders and are

referred to as codecs (coder·· decoder). Like all perceptual audio coding schemes, MPEG AAC

makes use of the signal masking properties of the human ear in order to reduce the amount of

data that is transmitted. In any audio coder, the quantization noise is distributed to frequency

bands in such a way that it is masked by the total slgnal (i.e .. it remains inaudible).

AAC is a very flexible coding scheme supporting sample rates from 8 kHz to 96 kHz. It

can encode mono and stereo input data as well as multichannel data up to 48 channels. It is used

for a wide range of applications, from Internet audio to multichannel surround sound. The high

coding efficiency makes AAC attractive, especiallv for applications with very high quality

demands or very limited transmission bandwidth 4 Even though the basic structure of AAC is

similar to previous audio coding techniques. including the commonly used MPEG Layer 3, AAC

contains numerous innovations which are particularh helpful for the implementation of DAB.

When an audio compression scheme is integrated mto a broadcasting system, block error rate is used as a
metric in determining audio virtual CD-quality \ hlock error rate of 0.01 is conservatively considered
"virtual" CD-quality

AAC has been chosen to be the audio coding standard for the Japanese HDTV system which will be
introduced in 2000.
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The crucial differences between MPEG AAC and its predecessor MPEG Layer-3 are shown as

follows:

• Filter Bank: In contrast to the hybrid filter bank of MPEG Layer-3, which was

chosen for reasons of compatibility but ultimately displayed certain structural

weaknesses, MPEG AAC uses a plam Modified Discrete Cosine Transform

("MDCT"). Together with the increased window length (2048 instead of 1152 lines

per transformation), the MDCT outperforms the filter banks of previous coding

methods.

• Temporal Noise Shaping ("TNS',," "" true novelty in the area of time/frequency

coding schemes. TNS shapes the distrihution of quantization noise in time by

prediction in the frequency domain

considerable improvement through TNS

• Prediction: This is a technique commonly used in the area of speech coding

systems. It benefits from the fact that a certain type of audio signal is easy to

predict.

• Quantization: By allowing finer control of quantization resolution, the given bit rate

can be used more efficiently.

• Bit-Stream Format: The information to he transmitted undergoes entropy coding in

order to keep redundancy as low as possible. The optimization of these coding

methods together with a flexible bit-stream structure has made further improvement

of the coding efficiency possible.

During the standardization process MPEG performed numerous listening tests to assess

the audio quality of AAC It is difficult to specify audio coded performance in terms of
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traditional audio measurement techniques such as frequency response, distortion, and dynamic

range; therefore, audio codecs are psychoacoustically compared against a CD reference. In these

double blind tests, human testers are given the opportunity to compare compressed and non­

compressed segments of the same selection and make judgments as to the quality of the

compressed segment. In tests designed to replicate the worst case signals, the AAC codec at

96 kpbs has shown to be almost indistinguishable from the original selection. For the most

extreme cases, the difference in the compressed signal is audible, but not considered a major

issue for listeners. This level of performance has not been achieved by any other CODEC at

these low rates.s These tests use what is essentially a short audio clip played over and over to

train the listener. 6 In other words, while listening to 96 kbps AAC encoded audio with high

quality headsets, the average listener will not be able to distinguish between it and the original

CD unless a short music selection is played over and over from both the CD and AAC (i.e., the

listener is trained). Because typical radio listeners W111 never listen to IBOC DAB under such

pristine lab conditions with studio quality headsets and amplifiers, 96 kbps AAC will be

perceived by typical listeners as "virtually" the same a~ a CD,

The top AM codec rate of 48 kbps will provide a significant improvement in audio over

today's analog AM. Just as with the tradeoffs with FM, the AM channel and characteristics

dictate this top rate. Where 48 kbps can be achieved. the audio will sound much like analog FM

stereo without multipath and noise. Where 48 kbps cannot be achieved, the DAB system will

ISO Report on the MPEG-2 AAC stereo verificatlOTI tests 2/98 Meares. Watanabe. Scheirer.

ld.
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operate at 32 kbps which will still support stereo. but high frequencies will be reduced. At

16 kbps, the audio will be equivalent to existing mono

There have been numerous improvements to codecs in the past decade. MPEG

standards have made great strides in audio compression AAC is not backwards compatible with

earlier MPEG standards, and can thus incorporate the latest research results without any

compatibility restrictions. This allows AAC to he an effective codec choice for emerging

applications, which makes it ,ill excellent choice for DAB.
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Appendix K

Blend With Time Diversity

Blend with time diversity is an effective method for ensuring graceful degradation of the

digital audio, enhancing digital service to mobile receIvers. It also provides a capability for rapid

tuning and eliminates the need to compromise interleaver length. When a receiver is used in a

mobile environment it is inevitable that the broadcast sIgnal will be corrupted at some point. All

listeners to analog radio have experienced a loss of signal due to natural or man-made

obstructions or other impairments. Blend makes use of time diversity between two independent

transmissions of the same audio source to reduce the probability of a corrupted signaL

As a digital receiver approaches the edge of coverage, its signal quality deteriorates

abruptly. To compensate, the USADR IBOC DAB svstem uses blend as a means of gracefully

degrading the signal as the edge ofcoverage is approached.

The USADR system uses blend with time diversity in both the hybrid and all-digital

modes. The hybrid system uses the delayed analog signal as a backup; the all-digital system

contains a delayed, low bit rate digital backup signal In either case, when the primary digital

signal is corrupted for a short time, the outage at the decoder is heard after the diversity delay.

This diversity delay is incurred at the receiver and is comprised of deinterleaving and FEC

decoding delay, audio decoding delay, and any additional delay for diversity improvement The

FEC decoder can be used to identify faulty audio frames; therefore, the exact time of the DAB

audio outage can be predicted, signaling the receiver to blend from the primary to the backup

signaL The listener may detect the temporary degradation in audio quality during the blend

duration, but will not experience muting or undesirahle artifacts.
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Figure K-l graphically depicts the blend with time delay process. The top part of the

figure shows that, for the transmitted signal, the backup portion is delayed relative to the primary

digital portion. This delay at the transmitter provides the time diversity as the signal travels

through the channel. The top part of the figure also shows an impairment that prevents recovery

of sections 6 and 7 of the digital signal. The impairment also interferes with sections 2 and 3 of

the backup signal.

/ Impairment

Back-up -+j Delay r:r.. ?T~l.5~~~---;ill--.< I I
Digital ·-r.9 i 8 . 5 . 4 i 3 2 1

__.L_ "_ \.':.__~" ,._

Transmitted

1.- ..... --1

Figure K-l- Blend Feature

The bottom part of Figure K-l shows the received signal. At the receiver, the primary

digital signal is delayed relative to the backup, and the signals are time-aligned. Part of the delay

is due to the processing required to recover the primary digital signal, and the remainder of the

delay can be implemented directly.

As shown in the bottom part of Figure K-1 Sections 1--5 of the digital signal are

recovered. Sections 6 and 7 of the digital signal \vin he marked as non-recoverable by the

receiver. However, because of the time-diversity. Sections 6 and 7 of the backup signal are not

affected by the impairment, and the receiver can smoothly blend to the backup signal, with the
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blend beginning during Section 5. When the primary digital signal can be recovered again, the

receiver can smoothly blend back to the primary digital signal.

If the diversity delay is sufficiently large that the primary signal and backup signal

outages are independent, then the probability of an outage after diversity is the square of the

probability of outage without diversity. For instance, If the probability of an outage is l.~%, then

the probability of outage after diversity is 0.01 % .. which is a great improvement. The actual

performance can be quantified with knowledge of the autocorrelation function of the channel

outage due to severe impairment. However, even without going into details of specific channel

scenarios that may cause outages, it is clear that the blend function will considerably enhance the

robustness of the system. The blend function also allows a means of gracefully degrading the

digital audio as a receiver approaches the edge of coverage. When the receiver detects corrupted

digital audio in its primary channel, it will blend In its delayed backup channel to provide

uncorrupted audio.

The blend feature also solves the problem of fast tuning time. Without blend, a receiver

would incur the diversity delay after tuning to a station before the listener hears the audio. The

blend feature will demodulate the backup signal almost instantly, allowing the listener to hear the

selection before blending to the primary digital signal several seconds later.
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Appendix I.

Auxiliary Services

DAB, in its most basic fonn, is simply a digital bitstream being transmitted in the AM

and FM bands. Because that digital bitstream can be devoted to either audio or data, the IBOC

DAB system has the capability to provide auxiliary services in addition to the primary audio

signa1. In order to achieve LTSADR's design requirement of improving robustness and audio

quality, the majority of the capacity of the moc DAB system is devoted to the primary audio

signal. At the same time, however, the system supports auxiliary services which will upgrade

existing analog FM subsidiary communications services. The auxiliary services will be available

in both the hybrid and all-digital modes of operation

CUlTent subcarriers or subsidiary communications authority ("SeA") broadcast with

analog radio are used to provide a variety of services. SCAs may be used for audio or data

services and require special receivers for use by the public. SCAs, although not widely used, are

available for numerous niche services including pagmg, inventory distribution, bus dispatching,

stock market reports, traffic control signal switching, point-to-point or multipoint messages,

foreign language programming, radio reading servlces. radio broadcast data systems, station

control and meter reading, utility load management. and muzak.] moc DAB auxiliary services

will enhance the availability. reliability and robustness of the SCA-like services.

The USADR IBOC DAB system incorporates four types of data which can be used for

auxiliary services:

See Radio Subcarriers (visited Sept 28,1998) <http://www.fcc.gov/mrnb/asdlsubcarriers/sub.html>
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1. Ancillary Services - Guaranteed real-time audio or data sent through a reserved

channel, as opposed to a reserved subcarrier'

2. Opportunistic Data - This data-only service is multiplexed in with the audio during

periods when the audio does not require full bandwidth, dynamic range or is not

complex. In such cases, the audio does not require full throughput. Each message is

assigned a priority and is transmitted hased on that priority versus the complexity of

the audio. Therefore, some latency is inevitable.. This type of data intelligently

recaptures capacity from the primary audio signal so as to minimize the impact to

audio quality.

3. Supplementary Services - Audio or data placed In optional OFDM carners that

augment the primary audio signal OFDM carriers.

4. Secondary Auxiliary Services - Additional low power carriers are added in the all-

digital mode, providing additional capacitv for audio or auxiliary services.

FM DAB System:

USADR's FM system has a potentially large capacity that can be devoted to auxiliary

services. The broadcaster can make adjustments to digital or analog audio quality and digital

signal robustness depending on the desired auxiliary service capacity. An error-protected

throughput of up to 104 kbps can be achieved in the hyhrid mode. This breaks into the four

categories listed above as follows:

1. Ancillary Services: Up to 32 kbps can be transmitted guaranteed real time by

reducing the audio rate from 96 kbps to 64 kbps. Certain types of music and most

Both ancillary services and opportunistic data consume capacity from the same channel. Thus, greater
levels of one will translate into less of the otheL
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voice broadcasts will not be affected by the audio rate reduction. The ancillary

services rate can be set to 32 kbps with a corresponding reduction of audio rate.

2. Opportunistic Data: Up to 32 kbps can be sporadically multiplexed with the audio on

a priority basis. Program Associated Data ("PAD"), which is used to display audio

and station information in the receiver .. takes a portion of the capacity since- it is not

required to be transmitted real time As noted, the total of ancillary services and

opportunistic data cannot exceed 32 kbps Data is multiplexed at times when it will

have minimal impact on audio quality.

3. Supplementary Services: Between 101 kHz and 129 kHz out from center channel, the

FM system has the capacity to support 48 kbps of audio or data in the hybrid mode

and 24 kbps in the all-digital mode.' Activating these supplementary carriers while in

the hybrid FM mode may introduce additional noise into existing stereo analog

receIvers.

An additional 24 kbps for Supplementarv Services is available on the outer carriers

from 185 to 199 kHz if the station can tolerate the interference from the first-adjacent

analog stations onto these carriers. Although this latter option may be used in hybrid

or all-digital modes, it is most attractive m the all-digital mode since the all-digital

signal is virtually immune to all-digital first adjacent interferers.

4. Secondary Auxiliary Services: The ali-digItal mode includes 128 kbps of low power

audio or data which exists between the twq high-power digital sidebands. Although

The all-digital mode has lower capacity because 24 kbps of the capacity in this portion of the channel is
required for the low bit rate backup digital signal needed for blend


